Unlike conventional blind signal separation (BSS) methods estimating unmixing channels, an improved BSS method by estimating mixing channels in time domain is presented. Compared to the unmixing channels with IIR characteristics the mixing channels can be approximated by FIR filters with fewer time delays, and the proposed method demonstrates superior performance for the same training data.
Introduction:
The blind signal separation (BSS) is to find a transform that recovers source signals from their mixtures without much prior information. Currently many BSS algorithms utilise statistical independence of source signals and estimate the inverse of a mixing matrix [1] . For convolutive mixing cases each mixing channel may be approximated by an FIR filter and the inverse of an FIR mixing matrix consists of IIR filters, which had been approximated by FIR filters [2] . Although the frequency domain methods have somewhat alleviated this problem, it also creates its own problems such as block boundary effects and permutation. In this Letter we propose an improved blind signal separation method by estimating FIR mixing channels in time domain. Experiments demonstrate much better signal-to-interference ratio (SIR) of the proposed algorithm.
BSS problem for convolutive mixtures:
In the real world received signals become convolved owing to multipath reflections from obstacles. The equation that describes this convolutive mixing process is:
where x i ðtÞ is the ith received signal at time t, s j ðtÞ is the jth source, and a ij ðkÞ is the impulse response of the mixing FIR filter from the jth source to the ith receiver. Let us look at the cases with two sources in the z-transform domain for simplicity. 
Àk . This is the online learning rule at time t, and may be summed up for the batch learning for all time samples. For the Laplacian sources such as speeches the score function wðuÞ becomes ÀsignðuÞ.
Learning rule for mixing filters: Instead of the unmixing filters we would like to learn the mixing filters. Although the same learning rule can be derived directly from the Infomax principle, here we show a derivation from (4) Experimental results: BSS results of simulated mixtures are reported here. As the independent sources, two streams of signals were randomly generated with 40 000 samples each. To construct the 2 Â 2 convolutive mixing matrix the impulse responses were generated by the image method, which incorporated multiple reflections from the walls [4] . Fig. 1 shows the impulse responses of the mixing channels. 
Fig. 1 Simulated room impulse responses for normal office room
The performance is compared in terms of the average signal-to-interference ratio (SIR) as [5] :
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! where , ðu j;si Þ 2 . denotes the covariance or power of the jth output coming from signal s i only. Fig. 2 shows the better SIR performance of the proposed method compared to the conventional method, which estimates unmixing channels W(z) as FIR filters by (4) . Each curve shows the best performance of the case for several trials with a different learning rate h. With a smaller number (50) of time delay taps the FIR filters are not able to approximate IIR filters accurately. With too many taps (150) the filter coefficients are not estimated correctly with the given number of training samples (40 000). More training samples are required to estimate more variables. In Fig. 3 , SIRs are compared for different numbers of training samples. For a given time-delay number and algorithm the SIR increases as the number of training samples increases. However, the performance of the conventional method is limited by the trade-off between problem complexity and learning complexity. Here the former is defined as the number of FIR taps to approximate IIR filters, and the latter is defined as the number of coefficients reliably learnable from a given number of training data.
Conclusion:
The proposed learning method estimates the mixing channels instead of unmixing channels. Since the proposed algorithm estimates the FIR filter itself, fewer time-delays are necessary for accurate signal separation. Experimental results show that the proposed mixing matrix approach always performs much better than the conventional unmixing matrix approach with a practical size of training data.
